Acoustical holography has been widely applied for noise sources location and sound field measurement. Performance of the microphones array directly determines the sound source recognition method. Therefore, research is very important to the performance of the microphone array, its array of applications, selection, and how to design instructive. In this paper, based on acoustic holography moving sound source identification theory, the optimization method is applied in design of the microphone array, we select the main side lobe ratio and the main lobe area as the optimization objective function and then put the optimization method use in the sound source identification based on holography, and finally we designed this paper to optimize microphone array and compare the original array of equally spaced array with optimization results; by analyzing the optimization results and objectives, we get that the array can be achieved which is optimized not only to reduce the microphone but also to change objective function results, while improving the far-field acoustic holography resolving effect. Validation experiments have showed that the optimization method is suitable for high speed trains sound source identification microphone array optimization.
Introduction
The noise of high speed vehicles such as high speed trains is one of the severest noise pollution sources [1, 2] . Based on studies in the reconstruction of the sound field microphone array, predecessors to build a grid array cross array have inherent defects; namely, in order to ensure a small main lobe width of the sound field reconstruction to improve resolution, the need to maintain a larger size of the array, such that the spacing between adjacent array elements, is increased and causes the emergence of grating lobes, which greatly weakened the ability of the sound field reconstruction array.
Compared with beamforming, acoustic holography method can achieve a quantitative measure of moving sound source, so in recent years it has been widely studied and applied. Acoustic holography theory in the 1980s by the Williams and Maynard et al. [3] [4] [5] put forward the strict acoustic radiation based on the theory. In the 1990s, Tanaka et al. [6] were first used the far-field acoustic holography method to measure a vehicle noise source and in 2004 by using two-dimensional arrays based on far-field acoustic holography method of analyzing tire/road noise and tire noise successfully. From 1998 to 2008, Park et al. [7, 8] established a framework for holographic mobile, using sound field space transformation method to eliminate the Doppler effect and measure and analyze a low-speed train noise. Yang et al. [9] [10] [11] first proposed the international far-field diffraction acoustic holography method and in 2010 proposed eliminating the time-domain method Doppler effect, for the first time to achieve a speed of 117 km/h, vehicle quantitative identification of noise sources outside the vehicle.
In this paper, based on formation simulate annealing optimization method to optimize the unequal a fixed spacing array, rather than a random array, for obtaining a more accurate result of the sound source identification, it can further improve the accuracy of identification of the sound source.
Acoustical Holography Far-Field Sound Source Identification Method for the Moving Sound Source
2.1. Short-Time Beamforming. Short beamforming method is based on the "delay accumulate" beamforming signal superimposed principle [12, 13] . For the reconstruction of the surface at points, the period of its reconstruction [ 1 , 2 ] sound pressure signal within the principle is shown in Figure 1 . First, calculate the time period to be analyzed according to the respective microphone receiving the segment signal period, as shown in Figure 1(a) ; secondly extracted sound for each signal segments the desired pressure, as shown in Figure 1(b) ; then, any delay time based on acoustic wave propagation, such as the signal, is ( ), provided that it emits sound waves at time point ( , ) to the microphone , the propagation time of ( , , )/ , and then a signal delay processing as shown in Figure 1 (c):
Finally, the superimposed signals of each delay processing, to obtain the reconstruction result of the analysis period, are shown in Figure 1(d) .
According to this principle, the sound field characteristic function reconstruction formula at any point ( , ) on the reconstruction side is shown as follows:
Advances in Acoustics and Vibration where ( , ) is the sound field characteristic function for any point on the surface of the sound source ( , ) at time within 1 − 2 , ( , , ) is the sound source estimated characteristic function applied of beamforming method, ( ) is the received sound source pressure signals of th microphone at time , is the sound velocity, is the number of microphones, ( , , ) is the physical distance between the point ( , ) in the sound source surface and th microphone at time .
Based on this principle, across the entire surface of the sound source, sound field characteristic function of the distribution of the entire surface of the sound source can be obtained inside in time
Far-Field Acoustic Holography
Method. NAH (Nearfield Acoustical Holography) method is proposed by Williams et al. [14, 15] in the 1980s, and then the method and theory of NAH's applications extend to the far-field conditions. Professor Yang from Tsinghua University has proposed and established the theory of diffraction acoustic holography based on far-field acoustic holography theory. The principle is shown in Figure 2 .
In Figure 2 , is the outward normal to the direction of the hologram surface, is the radius vector, is the angle between the hologram surface and outward normal direction , Σ is the position in the measuring surface of infinite plane in space, the measurement part of the surface is Σ, and is assumed source point to the plane, known as the sound source surface.
As it is showed in Figure 2 (a) can be viewed as the point sound source, which assumed that spherical wave at a spatial sound field distribution, ( , , ), is . In Σ plane component, in the case of which is known, the wave propagation direction of the space of passive can be calculated by the using of Kirchhoff diffraction integral calculation method. Any point of the sound field formula is obtained in
Figure 2(b) 1 can be viewed as a virtual sound source space. Sound field in the distribution in 1 , a sonic converge in , spherical wave, and sent out actually mutually conjugate wave. According to the principle of acoustic holography reconstruction as shown in (4) it is obtained based on the principle of conjugate wave convergence:
= / is the wave number, is the sound velocity, is a hologram constant, and is the reconstruction of the surface point ( , ) between the hologram surface points ( , ) distance. Equation (4) is calculated according to the results of a single frequency , continuous several frequencies. Calculating according to the energy superposition can be obtained within a frequency range of the sound pressure amplitude calculation, as shown in
Reconstructing by the above method assumes that the sound pressure of the sound source value, as we can see in Figure 3 , supposes the point traverse plane of reconstruction and repeats this calculation; we can calculate the entire plane of the sound pressure distribution. In actual measurement, the continuous sound pressure points in hologram surface cannot be measured; therefore, (4) is discretized; as shown in Figure 3 for rules discrete arrays can be reconstructed by directly formula, as shown in
where and , respectively, are microphone rows and columns, * ( , , ) is the th row and the th column of the holographic information of the microphone, is the reconstruction surface points ( , ) th row and the th column from the microphone, and Δ and Δ are, respectively, microphone spacing and row distance.
Compared Simulation

Application in Microphones Array Sound Sources Discrimination.
The microphones array's performance mainly reflected the result of spatial resolution and identification precision of source of noises; we used a microphone array of regular arrangement with equal distance as compared with an array of optimization displacement of microphones positions; in both simulations, the number of microphones is the same; but the size of the array may be different in the simulation result. In this paper, we studied the influence of parameters on the performance of the array of arrays. We used a fixed cross X-type microphone array as an example to describe the plane array performance and then analyzes the simulation and discusses the impact of microphones array displacement on the results of the identification. In this paper, we propose a word "fixed array"; it means that the microphones array is to adjust or optimize the direction than random microphone array displacement. Performance of the array is mainly reflected in the spatial resolution, such as an array of irregular random arrangement of the microphone as compared with a regular grid array having the same number of microphones, and then how to identify the source of noise at higher frequencies is very important, due to the performance of the microphone array, its array of applications, selection, and design instructive. Figure 4 shows the model of uniform linear array.
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This article studies the influence of parameters on the performance of the array of arrays. A fixed cross X-type microphone array as an example describes the plane array performance analysis and process simulation and discusses the impact of microphones arranged in the form of its properties. Based simulated annealing optimization method, the MLA (main lobe area and main lobe energy/sidelobe energy) and SLR (side lobe ratio) were chosen as objective functions, whether it is feasible to get a better result by the means of reducing the numbers of microphones.
Simulation.
Based simulated annealing optimization method, we selected two objective functions, MLA (main lobe area) and SLR (side lobe ratio), which are the parameters of measurement criteria for evaluation of identification results, and we tend to get the value of MLA, the smaller the better, and the value of SLR, the bigger the better, or to get the balance between them. The purpose of the simulation is to compare the microphones array fore-and-aft optimization and then to identify if there would be the possibility of reduction of the numbers of microphones but can achieve a better identification resolution. The simulation result can be seen in Figure 5 ; in the simulation, the parameters of the sound source are as follows: the speed of sound source is 120 km/h, the numbers of microphones are 29 in one fixed X array, and the distance between microphone array and the sound source is 10 m.
Calculation methods of the main lobe area (m2) and the main sidelobe ratio (main lobe energy/sidelobe energy) are shown in Table 1 .
As we can get from Figure 5 , the result of the simulation is listed in Table 1 .
From Table 1 , it can be seen that, as a result of optimization array, the value of SLR is 0.6824, and the value of MLA is 0.0310, both of the results are better than the results of equal distances microphones array, and the result is in accordance with the objectives and results of optimization we proposed at first. Then we get the 29 optimization microphones' coordinates as shown in Figure 5 (b), then we will analyze the ways of easibility of reducing the number of microphones. The 29 optimization microphones' coordinates are shown in Table 2 .
And from Table 2 , the coordinate numbers 2-5 and coordinate numbers 22-25 are very near to the coordinate [2.0000]; the error is 0.01% which can be considered as the microphones which are in the same positions; we use coordinate numbers 6-9 to replace the coordinate numbers 2-5 and coordinate numbers 22-25, and then 8 microphones can be reduced. And coordinate numbers 10-13 are the same as number 1 [0.000], which is in the same positions, and then 4 microphones can be reduced. There were only 17 microphones left. The rest of 17 microphons' simulation is carried out by using the same method, then we get the result of MLA and SLR, and there are no changes in the value of both of them.
In the above simulation, the results show the optimization method which can be achieved to optimize and improve the resolution of the objective function, while achieving the purpose of reducing the number of microphones. 
Validation Experiments
Static Sound Sources Experiment.
This experiment is done in anechoic chamber. The microphone array is made of 21 microphones. The spacing between each of the microphones is 160 mm. In this experiment, the sound source is a powered loud speaker, and the noise signal is a simple harmonic sound of 1 kHz. The experiment lab and experiment device are shown in Figure 6 .
As can be seen from Figure 7 and the simulation result in Table 3 , comparing both results, there is hardly a change in the value of MLA and SLR (also the result of optimization of MLA (0.0045) is better than equal distance microphones array) and no change in the relative position; to some extent, the result is nearly the same; it is concluded that the 19 microphones nearly have the same solution with 21 microphones.
High Speed Moving Sound Sources Experiment.
The validation experiment is done in circle test ground for high speed train; we choose the high speed train which was processing test to testify the simulation results. We set the microphones array which is made of 29 microphones and then use the 17 microphones optimization array to process the sound data. The parameters in this experiment are as follows: the sound source is radiated by one high speed train, and the noise signal is a simple harmonic sound of 500 Hz-1 kHz. The experiment system is shown in Figures 8-10 . The main validation experiment device is as follows: conventional signal measurement and analysis equipment, B&K company's set of high-precision multimicrophone set, 32 sets of high performance acoustic sensors, and an array of developed measurement systems, X-type array.
The experimental conditions are shown in Figure 9 . In this experiment, the sound source data analysis frequency is 500-700 Hz, the speed of testing train is 125 km/h, the compare results are shown in Figure 11 , one is the result of identification high speed train sound sources with 29 equal distance microphones' array, and the other is the result of identification high speed train sound sources with optimization microphones array.
The results of experiment are shown in Figure 11 and Table 4 .
As can be seen from the result, both Figure 11 and Table 4 , compared with the results, there is hardly change in the value of MLA and SLR (also the result of optimization of MLA (0.0033) is better than equal distance microphones array) and no change in the relative position; to some extent, the result 
Conclusion
In this paper, based on the fixed X microphones array, select the main SLR (side lobe ratio) and the MLA (main lobe area) as the optimization objective function, by using optimization method to optimize the microphone array.
Compare simulation results of equal distance microphones array with optimization array found that reduced the number of optimization microphones; there were no changes in the purpose function value. Also, validation experiment has done to testify the simulation result; it is drawn from the results that the experiment result can be by reducing the number of microphones but does not have changes in the purpose values. So the experiments with limited conditions can be done, as to use fewer microphones to get the similar result.
In the next study, it will consider the angle between surface reconstruction of sound pressure and measurement plane by further optimization method. 
